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Abstract
The sound transmission loss of lightweight structures can be increased by the application of facing form-
works. In the aircraft industry this task is accomplished by means of sidewall panels (linings) mounted on
the primary fuselage structure of an aircraft. At low frequencies (< 1000Hz), however, the sound trans-
mission loss is dominated by the so-called mass-law which prescribes an inverse relationship between mass
and transmitted sound power. This behavior is worsened by the fact that around the so-called mass-air-mass-
resonance-frequency the transmission loss of a double panel structure (e.g., an aircraft fuselage structure with
linings) falls below that of a single panel (of equal mass). Furthermore, the effectiveness of passive damping
methods is limited due to constraints on mass and volume. On the other hand, the interior acoustics in the
aircraft cabin is an important issue regarding passenger comfort, which raises the demand for alternative so-
lutions. Active structural acoustic control (ASAC) provides a lightweight-compliant solution to the problem
of low-frequency sound transmission through single or double panel structures. Prior to wind-tunnel or flight
tests, the acoustic performance of active lightweight structures is usually tested in sound transmission loss
facilities. A reverberation room, equipped with one or a number of independent sound sources, is used to
generate a diffuse sound field excitation. Although it is well-known that the statistical properties of such a
non-ideal diffuse sound field will deviate from the ideal case, potential implications on the performance of
active feedforward control systems have not been discussed so far. This is why this work evaluates the spatial
coherence of ideal and non-ideal diffuse sound fields and considers the implications on feedforward control
performance. The system under consideration is an aircraft-typical double panel system, equipped with an
active sidewall panel, which is realized in a transmission loss facility. Experimental results for different
numbers of sound sources in the reverberation room are compared to simulation results of a generic double
panel system excited by an ideal diffuse sound field. It is shown that the number of statistically independent
noise sources acting on the primary structure depends not only on the type of diffuse sound field but also
on the sample lengths of the processed signals. The experimental results show that the number of reference
sensors required for a defined control performance has an inverse relationship to the control filter length.
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Figure 1: Principle of the active feedforward control of sound transmission through a double panel system.
1 Introduction
The limited sound transmission loss of lightweight structures, such as aircraft sidewall panels, at low frequen-
cies is an important issue regarding passenger comfort. Active structural acoustic control (ASAC) provides
a lightweight-compliant solution to the problem of low-frequency sound transmission through single or dou-
ble panel structures. The experimental performance evaluation of such systems is usually done in a sound
transmission loss facility with a reverberant sending room. A diffuse sound field, which is synthesized in this
room, serves as the disturbance excitation of the structural system under consideration. Although it is known
that the statistical properties of the synthesised diffuse sound field will deviate from the ideal case, potential
implications on the performance of active feedforward control systems have never been discussed. One rea-
son for this might be the fact that the active control of stochastic disturbance excitations is usually considered
as a domain of feedback algorithms. However, if coherent and sufficiently time-advanced reference signals
are available, the application of feedforward control is not limited to deterministic disturbances. This was
experimentally verified by the authors [15, 16] using the example of an aircraft-typical double panel system,
where the reference sensors are placed on the primary fuselage structure and the actuators and error sensors
are located on the secondary sidewall panel structure. A principle drawing of such a configuration is provided
in Figure 1. It can be seen, that the primary structure (P), which is excited by a diffuse sound field, acts as the
disturbance source for the secondary structure (S). The primary disturbance propagates via structure-borne
and airborne sound to S which starts to vibrate and to radiate sound into the interior. An active feedforward
control system (control filter W) is realized by the application of reference sensors (reference signals x) on
P and actuators and error sensors (error signals e) on S. It is central to this paper, that the required number of
reference sensors on P (in order to achieve a sufficiently high coherence) is heavily influenced by the spatial
coherence of the diffuse sound field. The same experimental system as in Misol et al. [15] is applied here in
order to evaluate the implications of non-ideal diffuse sound fields on the performance of active feedforward-
controlled structures. The research work was triggered by the observation that the number of independent
components observed in the reverberation room’s pressure field or likewise in the vibration response of a
structure depends on the analysis-window-size or the frequency resolution, respectively. The implications on
the control performance are due to the fact that the frequency resolution of a feedforward controller depends
on the number of filter weights, which is a free parameter in control design.
Regarding the topic of diffuse sound fields and their generation in reverberation rooms, much theoretical and
experimental research work has been published. According to Jacobsen and Roisin [12], the ideal diffuse
sound field is defined as “[...] a sound field in an unbounded medium generated by distant, uncorrelated
sources of random noise evenly distributed over all directions”. Following the definition of Elliott et al. [5],
a diffuse sound field is induced by a superposition of an infinite number of uncorrelated plane waves. Due
to the absence of interferences, the ideal diffuse sound field is homogeneous and isotropic. Regarding the
practical realisation of diffuse sound fields in reverberation rooms, the spatial correlation or the Schro¨der
frequency [19] are frequently used as indicators or conditions for the quality of the synthesised pressure
field. Yet, the spatial coherence, which describes the number of independent components, is rarely consid-
ered in this context and has never been linked with the realisation of active systems or structures. As already
mentioned, most of the published research work focusses on the design and implementation of active single
or double panel systems which are controlled by feedback algorithms. Past and recent work in this field has
been published for example by Gardonio and Elliott [10], Engels et al. [6] or Gardonio and Alujevic [8].
Similar questions with special emphasis on the evaluation of different actuation principles are addressed in
Bao and Pan [2, 17] or in Gardonio and Elliott [9]. In the authors’ opinion, not much research work has
been published concerning the practical implementation of active structures in sound transmission loss facil-
ities, and even fewer publications are concerned with the active feedforward control of stochastic structural
vibration and the experimental evaluation of smart structures under realistic conditions.
The main body of the paper is divided into three sections. Section 2 starts with a theoretical discussion of the
spatial coherence properties of an ideal diffuse sound field. Subsequently, the modeling and simulation of an
ideal (pure-tone) and the synthesis of a real non-ideal diffuse sound field is described. The section ends with
the evaluation of the spatial coherence of the ideal and non-ideal diffuse sound fields.
Section 3 focusses on the active feedforward control of broadband and spatially weakly correlated distur-
bances. Firstly, the influence of coherence on the feedforward control performance is discussed. Subse-
quently, a connection between the statistical parameters of the diffuse sound field excitation and the co-
herence between the reference and the disturbance signals of the active feedforward control system is estab-
lished. The virtual noise source theory establishes the link between the two topics of this paper: the statistical
properties of the diffuse sound field and the performance of the feedforward control system. The section ends
with a brief description of the optimal causal feedforward controller used in this work.
Section 4 documents the numerical and experimental investigation of the double panel system. It starts with
a brief description of the experimental setup and the simulation model. Subsequently, the methodology
used for the derivation of the analysis results is described. Finally, the numerical and experimental data is
evaluated regarding the relative strength of the virtual noise sources and the relative control performance of
different feedforward control system configurations.
2 Diffuse sound field
2.1 Theoretical background
The spatial coherence of a diffuse sound field is evaluated using the mean squared coherence |γxy|2 of two
sound pressure signals x and y, measured in a diffuse sound field at a distance r.
|γxy(ω)|
2 =
|Sxy(ω)|
2
Sxx(ω)Syy(ω)
(1)
The cross-power spectral density is denoted by Sxy and the power spectral densities by Sxx and Syy, respec-
tively. According to Elliott et al. [5], the cross-power spectral density of the pressures at two points in an
ideal diffuse sound field is given by Equation (2).
Sxy(ω, r) = Spp(ω)
sin(kr)
kr
(2)
Since the diffuse sound field is assumed to be ideal, the power spectral density Spp of the sound pressure is
independent of position. This leads to an expression for the spatial coherence of an ideal diffuse sound field
given in Equation (3).
|γxy(ω, r)|
2 =
|Sxy(ω, r)|
2
S2pp(ω)
=
(
sin(kr)
kr
)2
(3)
The validity of Equation (3) is discussed in Jacobsen and Roisin [12]. In Elliott et al. [5] it is mentioned that
the sound field in a reverberation room can be considered as being diffuse, provided that the excitation fre-
quencies are higher than the room’s Schro¨der frequency. However, the spatial coherence of an ideal diffuse
sound field will only be approximated well if the number of uncorrelated sound sources in the reverberation
room is high enough. This condition is normally violated in reverberation rooms because of hardware limita-
tions. Since the spatial coherence of the disturbance excitation is crucial for the design and the performance
of an active structural acoustic control system with feedforward control law, it will be analysed subsequently
by means of a pure-tone diffuse sound field simulation model and by means of measurement data captured
in a reverberation room.
2.2 Modeling and Simulation
Following the definition of Elliott et al. [5], a diffuse sound field can be modelled by superposing a multitude
of plane acoustic waves with random phase angles incident from all directions. The synthesis of the required
plane waves is accomplished by means of acoustic point sources with stochastic phase angles that are evenly
distributed on a half-sphere of sufficiently large dimension. In this study, a total of 300 acoustic monopoles
are evenly distributed on a half-sphere with a radius of 100m. The mathematical expression for the sound
pressure of an acoustic monopole is taken from Fahy and Gardonio [7, p. 139]. The superposed complex
pressure amplitudes induced by the acoustic monopoles are evaluated on the measurement grid in order to
obtain the complex diffuse sound field pressure amplitudes. However, according to Jacobsen and Roisin [12]
the described method equals a pure-tone model resulting in interferences of the plane waves. Since the pure-
tone model deviates from the ideal, homogeneous and isotropic diffuse sound field model, its characteristics
are calculated and compared to the ideal case.
2.3 Synthesis in a reverberation room
Real diffuse sound fields are generated in reverberation rooms excited by at least one or a few statistically
independent sound sources. In this study, a reverberation room of ≈ 200m3 with a mean reverberation time
T¯60 ≈ 5 s (averaged over third-octave bands from 80Hz–5000Hz) was used. The room fulfills the ISO 3741
standard (accuracy class 1) for frequencies above 100Hz. The excitation of the reverberation room was re-
alised by means of either an omnidirectional dodecahedron sound source with twelve shunted electrodynamic
loudspeakers (all excited by the same signal) or of ten independent electrodynamic loudspeakers, which are
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Figure 2: Spatial coherence of the simulated diffuse sound field (top) and the real diffuse sound field syn-
thesized with either one sound source (bottom left) or with ten independent sound sources (bottom right) in
dependency of the normalized separation kr.
part of a loudspeaker array. The dodecahedron sound source was driven by a bandlimited white noise sig-
nal with a frequency range of 0Hz–5000Hz, the loudspeaker array by ten uncorrelated, bandlimited white
noises ranging from 80Hz–5000Hz. The sound pressure was measured using 1/4” ICP R© microphones of
the type PCB 130D21.
2.4 Evaluation of spatial coherence
Figure 2 (top) shows the spatial coherence of the simulated diffuse sound field as a function of the nor-
malised separation kr. Apparently, the applied pure-tone diffuse sound field model approximates the spatial
coherence properties of an ideal diffuse sound field to a very high accuracy. The slight deviations between
the theoretical and the simulated mean squared coherence for a sample length of 10 s are attributed to the
lesser amount of periodograms available for the calculation of the expected values (by temporal averaging).
Hence, the pure-tone diffuse sound field simulation model can be applied as an ideal excitation model for
the simulation-based design of active feedforward-controlled structures. The spatial coherences of the real
diffuse sound fields are provided in the lower parts of Figure 2. Figure 2 (bottom left) shows the spatial
coherence of the diffuse sound field excited by a single sound source as a function of the normalised sep-
aration kr. Apparently the deviation between real and theoretical coherence rises with increasing sample
length (from 0.1 s to 10 s). This behavior is explained by the fact that the reverberation room acts as an
acoustic energy storage. If the excitation is stochastic, a short sequence of sound pressure signals (sample
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Figure 3: Block diagram of an active feedforward control system with K reference sensors, M actuators and
L error sensors.
length ≪ T60) contains a large amount of uncorrelated sound energy. Since the amount of stored energy is
proportional to the reverberation time, the influence of uncorrelated components decreases for larger sample
lengths. As a consequence, the spatial coherence rises with increasing sample length. Jacobsen and Roisin
[12] provide an alternative explanation based on the bandwidth of the excitation signal and the characteristic
dimension of the reverberation room. Figure 2 (bottom right) shows the spatial coherence of the diffuse
sound field excited by ten uncorrelated sound sources as a function of the normalised separation kr. The
existence of multiple uncorrelated sound sources in the reverberation room leads to a higher correspondence
between the theoretical and the real diffuse sound field. However, the coherence of the real diffuse sound
field rises for increasing sample lengths which indicates that the theoretical number of independent sources
of an ideal diffuse sound field has still not been reached. More information regarding the statistical properties
of the investigated diffuse sound fields can be found in Misol et al. [14].
3 Active feedforward control
Figure 3 shows the general scheme of a feedforward control system. The control signals u are generated
by filtering the reference signals x through the control filter W. The secondary path G describes the whole
dynamics and delays (except the contribution of W) between the reference and the error sensors. This
includes the delays introduced by analog and digital signal processing (DSP). The error signal e is the sum
of the filtered control signals y and the disturbance signals d. A comparison with Figure 1 clarifies the
physical significance of the block diagram provided in Figure 3.
3.1 Coherence
The performance of an active feedforward controller is largely influenced by the availability of time-advanced
and coherent reference signals. The first requirement is related to the causality of the feedforward control
system. For broadband excitations like a diffuse sound field, the causality constraint is an important issue.
Yet, this work focusses on the second requirement, as the implications of non-ideal diffuse sound fields on
the coherence and the performance of a feedforward control system are crucial.
A connection between control performance and coherence is provided by Minkoff [13] for the special case
of a system with K ≡M ≡ L ≡ 2. For reasons of clarity, no virtual transfer functions are defined between
reference and disturbance signals, as had been the case in the formula provided by Minkoff. Therefore, the
cost function described in Equations (4) and (5) slightly differs from the original one.
Under the assumption that the feedforward controller does not increase the value of the cost function, the
third summand of Equation (5) has to be positive. Consequently, Jmin will reach its minimum if the mutual
coherence between the reference signals |γx1x2 |
2 (and with it Sx1x2) vanishes and the multiple coherence
between the disturbance and the reference signals |γdix|
2 is equal to one. However, due to the spatial cor-
relation of the sound pressure in a diffuse sound field and because of the filtering effect of the structural
system, the reference signals are not statistically independent. Hence the mutual coherence will generally
be greater than zero. Furthermore, for higher frequencies and under the restriction of a limited number of
FK×J(z)
HL×J(z)
v[n]
x[n]
d[n]
Figure 4: Synthesis of reference signals x and disturbance signals d from virtual noise sources v.
reference sensors, not the whole disturbance source information will be captured, which results in a drop of
the multiple coherence. According to Equation (5) both effects will lead to an increase of Jmin and with that
to a deterioration of the disturbance rejection of the active feedforward control system. Further insight into
the connection between the statistical properties of the excitation and the feedforward control performance
is gained by applying the virtual noise source theory.
Jmin = Sd1d1
(
1−
|γd1x1 |
2 + |γd1x2 |
2
1− |γx1x2 |
2
)
+ 2 Re
[
Sx1x2
Sx1x1Sx2x2
Sx1d1S
∗
x1d2
1− |γx1x2 |
2
]
. . . (4)
+ Sd2d2
(
1−
|γd2x2 |
2 + |γd2x1 |
2
1− |γx1x2 |
2
)
+ 2 Re
[
Sx1x2
Sx1x1Sx2x2
Sx2d1S
∗
x2d2
1− |γx1x2 |
2
]
= Sd1d1 + Sd2d2 −
1
1− |γx1x2 |
2
{Sd1d1
(
|γd1x1 |
2 + |γd1x2 |
2
)
. . . (5)
− 2 Re
[
Sx1x2Sx1d1S
∗
x1d2
Sx1x1Sx2x2
]
+ Sd2d2
(
|γd2x2 |
2 + |γd2x1 |
2
)
− 2 Re
[
Sx1x2Sx2d1S
∗
x2d2
Sx1x1Sx2x2
]
}
3.2 Virtual noise source theory
The concept of virtual noise sources described in Akiho et al. [1] provides a method to identify the number
of statistically independent components in a sound or vibration field. In Elliott et al [5], this method is used
to calculate the density of uncorrelated components in an ideal diffuse sound field. In this study, the theory is
applied to structural reference signals measured on the primary structure P of a double panel system excited
by a diffuse sound field (see Figure 1). The number of independent components in the vibration field of
P, which act as disturbance sources of the secondary structure S, corresponds to the number of non-zero
eigenvalues of the power spectral density matrix
Sxx = E
[
XXH
]
. (6)
The expectation E is realized by averaging a sufficient number of periodograms (time averaging of stationary
and ergodic signals). Whether or not an eigenvalue must be considered as dominant, depends on the pre-
scribed control performance. In order to impose a tolerance limit on the eigenvalues, their physical meaning
and influence on the multiple coherence of the disturbance and the reference signals has to be assessed.
Figure 4 shows the connection between the virtual noise sources v, the reference signals x and the distur-
bance signals d. Accordingly, the power spectral density matrix of Equation (6) can be rewritten as
Sxx = E
[
XXH
]
= E
[
FVVHFH
]
= F E
[
VVH
]︸ ︷︷ ︸
Svv=Σ
FH . (7)
Since the virtual noise sources are uncorrelated, Equation (7) takes the form of an eigenvector/eigenvalue
decomposition. The matrix F contains the eigenvectors and the diagonal matrix Σ contains the eigenvalues of
Sxx. It follows, that the eigenvalues σi = Σii of Sxx are equal to the power spectral densities E [viv∗i ] of the
virtual noise sources. Assuming that the magnitudes of the frequency response functions (FRF)Hij = Hdivj
with i = 1, ..., L are identical or at least similar for all j, the relative contribution of a virtual noise source vj
to the disturbance signal’s PSD |Di|2 at error sensor i equals the eigenvalue σj . This follows from
Sdd = E
[
DDH
]
= E
[
HVVHHH
]
= HΣHH =
J∑
j=1
HjH
H
j σj (8)
and
tr (Sdd) =
L∑
i=1
J∑
j=1
|Hij|
2 σj
|Hij |=|Hi|
−−−−−−→
L∑
i=1
|Hi|
2 (σ1 + σ2 + · · ·+ σJ) =
L∑
i=1
|Di|
2 . (9)
Hence, capturing the largest N ≤ J virtual noise sources vN = [v1, v2, . . . , vN ] by means of K = N
optimally or K > N suboptimally placed reference sensors facilitates a multiple coherence of reference and
disturbance signals of
Cxdi = CvNdi =
SvNdiΣ
−1SH
vNdi
Sdidi
=
|Hi|
2
|Hi|2
∑J
j=1 σj
[
σ1 · · · σN
]  σ
−1
1 · · · 0
.
.
.
.
.
.
.
.
.
0 · · · σ−1N



 σ1..
.
σN

 =
∑N
j=1 σj∑J
j=1 σj
.
(10)
The derivation of Equation (10) makes use of the linear relationship between x and vN and exploits the
mutual statistical independence of the virtual noise sources. The quotient of the error signal’s and the distur-
bance signal’s PSD
Seiei
Sdidi
= 1− Cxdi =
∑J
j=N+1 σj∑J
j=1 σj
<
σN+1
σ1
(11)
leads to an expression of the disturbance rejection at error sensor i
10 log10
(
Seiei
Sdidi
)
= 10 log10
(∑J
j=N+1 σj∑J
j=1 σj
)
< 10 log10 (σN+1)− 10 log10 (σ1) dB . (12)
Equation (12) provides a conservative estimate of the disturbance rejection of an active (causal) feedforward
control system based on the eigenvalues of Sxx. As already noted, not the absolute value of the eigenvalue
level but the level difference is decisive for the disturbance rejection.
3.3 Optimal causal feedforward control
The calculation of the FIR-filter weights of the optimal causal feedforward controller is based on a matrix
formulation for the error vector which permits an explicit expression for the vector of optimal filter coeffi-
cients. Details regarding the derivation of the FIR-filter weights can be found in Elliott [4, p. 237ff.]. The
benefits of this method are its inherent causality, the specification of the number of filter weights and the
Device Type Other
Accelerometer PCBr 352A24 0, 8 g, 10, 2mV/m/s2
Exciter (inertial) VISATONr EX 45 S 10W, 8Ω, 0, 06 kg
Lowpass filter KEMOr CardMaster 255G fc = 480Hz, 24 dB/Oct.
Real-time-system DSPACEr DS1006 Fs = 1000Hz
Table 1: Hardware components and settings of the active feedforward control system.
possibility to include control effort into the performance metric. According to Elliott [4, p. 249], the vector
of optimal FIR filter weights is given by
wopt = − (Rx˜x˜ + βI)
−1
Rx˜d . (13)
The calculation of the auto-correlation matrix Rx˜x˜ of the filtered reference signals x˜ and the cross-correlation
vector Rx˜d is performed in the frequency domain. Due to its block-Toeplitz structure, the auto-correlation
matrix is highly redundant and iterative methods are available to solve for the optimal filter weights [18]. The
regularisation factor β ≥ 0 penalises the control effort and improves the numerical stability and robustness
of the controller.
4 Double panel system
4.1 System
In this work, an active feedforward control system is implemented on an aircraft-typical double panel system.
As shown in Figure 5, the system consists of a curved and stiffened carbon-fiber-reinforced plastics (CFRP)
fuselage structure and three off-the-shelf aircraft sidewall spacer panels (linings). It must be noted that only
the lining located in the middle is used for the active system (see Figure 6). The fuselage structure (P) is
augmented with ten reference accelerometers R1 to R10, which measure the structural vibration induced by
the diffuse sound field. Two collocated and dual pairs of error sensors Ei (accelerometers) and actuators Ai
(inertial mass exciters) are used, which are mounted on the lining (S). Each actuator is applied collocated
to the corresponding error sensor on the backside of the lining. This minimises the delay in the secondary
paths Gii with i = 1, 2 and thus increases the causality margin of the feedforward control system [15].
The hardware components and their setting are listed in Table 1. Figure 6 shows the interconnection of the
sensors and the actuators via the analog and digital signal processing. For the system under consideration
K = 10, M = 2 and L = 2. The analog low-pass filters are denoted by LP .
The simulations are carried out for a simplified, generic double panel system consisting of two flat panels
coupled by an enclosed fluid. The structural coupling between the primary and the secondary structures is
neglected, since, at low frequencies, the acoustic path dominates and “there exists an almost linear relation
between the [. . . ] acoustic potential energy in the cavity and the [. . . ] radiated sound power” [3]. The
geometrical and material properties of the generic system are similar to the real system, yet the horizontal
width of P is limited to 0.5m and thus equals the distance between two frames. This is according to Haase
et al. [11] justifiable since the transmission of structure borne sound across ribs can be neglected. Further
details on the modeling of the generic double panel system can be found in Misol and Hesse [16].
4.2 Methodology
The numerical and experimental results provided in the following are intended to clarify the relationship
between the number of virtual noise sources and the performance of optimal causal feedforward control.
The results of the analysis are provided by means of two different plot-types.
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Firstly, in Figure 7, a contour plot of the eigenvalues of the power spectral density matrix Sxx is used in order
to evaluate the strength of the virtual noise sources. It was shown in subsection 3.2 that the power spectral
densities of the virtual noise sources are identical to the eigenvalues of Sxx.
Secondly, in Figure 8, the disturbance rejection of a long FIR filter with 3000 filter taps is compared to that of
a short FIR filter with 200 filter taps. It is assumed from subsection 2.4, that the FIR filter length will strongly
influence the performance of the feedforward control system, since it determines the duration over which the
filter correlates. The relative disturbance rejection ∆3000−200 is defined as the difference in the average third-
octave band power level reduction of the short and of the long control filter (from 80Hz–500Hz). Different
reference sensor configurations are considered in order to observe the interdependencies between control
performance, FIR filter length, number of reference sensors and type of diffuse sound field excitation. It
must be noted, that the FIR filter sizes correspond to the sample lengths of the analysis windows used for the
calculation of the power spectral density matrix Sxx. The configuration with 2 references uses R3 and R6,
the configuration with 4 references uses R1, R4, R6 and R9 and the configuration with 7 references uses R1,
R2, R3, R5, R6, R7 and R10.
Further details on the synthesis of the measurement and simulation data can be found in Misol et al. [14].
4.3 Virtual noise sources
The magnitude of the contour plots in Figure 7 corresponds to the normalised eigenvalue levels λi =
10 log10(σi/σmax) dB. The spacing of the contour lines is 10 dB. If the required disturbance rejection
amounts to 20 dB then – according to Equation (12) – the number of reference sensors K should be chosen
such that λ1 − λK+1 > 20 dB. Two different analysis-window-sizes are chosen, one well below and one
in the range of the reverberation time of the applied reverberation room. As is known from subsection 2.4,
the sample length has a significant influence on the spatial coherence and thus influences the number of
dominant virtual noise sources.
According to Figure 7 (top), the dependency of the eigenvalue levels on sample length is very weak. This
result is in accordance with the spatial coherence shown in Figure 2 (top), which was only slightly increased
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active components with the real-time-system (bottom).
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Figure 7: Normalized eigenvalue levels of the power spectral density matrix Sxx of the simulated (top) and
the measured (middle and bottom) reference signals (from ten accelerometers) calculated with an analysis
window of 0.4 s (left) and 6 s (right). Measurement results are shown for the diffuse sound field synthesized
with a single sound source (middle) and with ten independent sound sources (bottom) in the reverberation
room.
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Figure 8: Difference in the disturbance rejection of a feedforward controller with 3000 and with 200 FIR-
filter weights depending on the number of reference sensors and the type of the diffuse sound field.
for larger analysis windows. Figure 7 (top) further shows that the eigenvalue levels increase with frequency,
which according to Elliott et al. [5] is typical for an ideal diffuse sound field. The monotonicity of the con-
tour lines prescribed by the diffuse sound field is disturbed due to the influence of the structural dynamics
of the double panel system. It follows from Figure 7 (middle), that the dependency of the eigenvalue levels
on sample length for a non-ideal diffuse sound field with a single sound source in the reverberation room
is much stronger compared to the previous case. Again, this behavior is in accordance with the spatial co-
herence shown in Figure 2 (bottom left), which converges to the theoretical value of the ideal diffuse sound
field for very small analysis windows and which tends to one for the opposite case. It is thus assumed that a
feedforward controller with short FIR filters will observe an almost ideal diffuse-sound-field-excitation and
hence will require much more reference sensors as a feedforward controller with long FIR filters that corre-
lates over a larger time span. The correctness of this assumption will be proven in the following subsection
by means of the results shown in Figure 8.
If the reverberation room is excited by ten uncorrelated sound sources, the dependency of the eigenvalue
levels on sample length is largely reduced compared to the previous case with only one sound source. The
results are shown in Figure 7 (bottom). However, the characteristics of an ideal diffuse sound field are still
not reached, which again is in accordance with the spatial coherence shown in Figure 2 (bottom right).
4.4 Control performance
For reasons of brevity, the absolute disturbance rejection in third-octave bands is not provided. Instead, the
maximum reductions in third-octave-band power level (averaged over E1 and E2) serve as reference for the
relative disturbance rejections shown in Figure 8. These are ≈ 20 dB (in the 160Hz third-octave band) for
the generic double panel (simulation), ≈ 12 dB (in the 400Hz third-octave band) for the real system with
one sound source in the reverberation room, and ≈ 10 dB (in the 315Hz third-octave band) for the real
system with ten independent sound sources in the reverberation room.
As expected from the previous results, the dependency of the simulated disturbance rejection on FIR-filter-
length is negligible. The relative disturbance rejection shown in Figure 8 amounts to only ≈ 5% of the dB-
value of the maximum third-octave-band power reduction which is rather small compared to the experimental
results with non-ideal diffuse sound fields. In the real case with one sound source in the reverberation room, a
maximum relative disturbance rejection of 3.7 dB is observed. This difference is significant since it amounts
to ≈ 30% of the dB-value of the maximum third-octave-band power reduction. It can further be deduced
from Figure 8 that, in general, the largest improvements of the feedforward controller with long FIR filters
occur for small numbers of reference sensors. Also in the real case with ten independent sound sources in
the reverberation room, the achieved relative disturbance rejection of up to ≈ 2.7 dB is significant, since it
amounts to ≈ 27% of the dB-value of the maximum third-octave-band power reduction. In contrast to the
real case with one sound source in the reverberation room, the largest improvements in relative disturbance
rejection occur here for higher numbers of reference sensors. This is due to the fact that, compared to the
previous case, the number of dominant virtual noise sources has increased but still lies below the number
of dominant virtual noise sources of an ideal diffuse field (see Figure 7 (bottom)). It can be assumed that,
if the diffuse sound field was excited by a greater number of independent noise sources (leading to a better
approximation of the ideal diffuse sound field), the relative disturbance rejection would decrease for seven
and ten reference sensors as well and its dependency on the FIR-filter-length would vanish.
5 Conclusion
An expression for the spatial coherence of an ideal diffuse sound field is derived. It is used for the validation
of an ideal pure-tone diffuse sound field simulation model and for the evaluation of the spatial coherence of
real, non-ideal diffuse sound fields generated in reverberation rooms. Whereas the pure-tone diffuse sound
field simulation model approximates the ideal diffuse sound field very well, deviations from the ideal case
are observed for the real diffuse sound fields. It is emphasised that the quality of a real diffuse sound field,
which is defined according to its closeness of agreement to the ideal case, not only depends on the reverber-
ation room’s Schro¨der frequency but also on the number of statistically independent sound sources exciting
the reverberation room. The dependency of the spatial coherence on the duration of the measured signals
is explained by the reverberation time. If the sample length is small compared to the reverberation time,
the spatial coherence of a non-ideal diffuse sound field converges to the ideal case. This has implications
on the performance of active feedforward control, since the number of filter weights, and hence the sam-
ple length the filter uses for correlation, is a free design parameter. So, in the case of a non-ideal diffuse
sound field excitation, the mutual coherence between reference sensors and the multiple coherence between
reference and error sensors will depend on the chosen filter length. Therefore, the optimal number and po-
sition of reference sensors cannot be chosen independently from the control filter length. Furthermore, the
control performance might be overestimated compared to the ideal case. This leads to the conclusion that
the suitability of reverberation rooms used as disturbance excitation for the evaluation of active structures
with feedforward controllers is limited. Depending on the application scenario of the test specimen, the
diffuse sound field needs to be excited by a sufficient number of independent noise sources. Alternatively, a
more realistic acoustic excitation might be achieved by means of a loudspeaker array placed in front of the
structure.
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